We prcsent a video distortion model analyzing the performance of multi-path routing for low latency video streaming, in congestion-limited ad hoc networks. In such environments, a single node transmitting nmltiniedia data may have an impact on the overall network conditions and may need to limit its rate to achieve the highest sustainable video quality. For this purpose, optimal routing which seeks to minimize congestion and distributes traffic over multiple paths is attractive. To predict the end-to-end rate-distortion tradeoff, we develop a model which captures the impact of quantization and of packet loss on the overall video quality. Network simulations are performed to confirm the validity of the model in different streaming scenarios over different numbers of paths.
INTRODUCTION
In ad hoc networks, nodes self-organize t o create a mesh, in which each node can act as a source, a destination or a relay for traffic. The flexibility offered in such networks may be leveraged in a variety of contexts. For example, in disaster areas or in search-and-rescue operations, it is very appealing t o be able to rapidly deploy a wireless ad hoc network without the need of B h e d infrastructure. However, because of adverse channel conditions and potential node mobility, traditional networking tasks such as routing can be challenging even when the number of nodes is limited.
Routing algorithms generally share the goal of minimizing the number of hops between source and destination, and several distributed protocols have been successfully tailored to wireless ad hoc networks 111.
This work was supported, in part, by National Science Foundation Grant CCR-0325639, An alternate routing strategy is to minimize thc overall network congestion. The solution to this classic problem, analyzed in particular in [2] , relies on nrultiple ptxths to efficiently make use of the network resources. This property is important for streaming tirnecritical multiniedia data over a bandwidtli-constraine~l network since the high data rate might overwise saturate an individual link.
Prior work on distortion models for streamed packetized video has focused on the rato-distortion tradeoff on error-prone channels 131. Recently, work has also been done to analyze the impact of different error patterns on the reconstructed video quality [4] . In both cases, however, the bandwidth of the network is overprovisioned and the influence of the client on the network is not considered. This is not the case in a wireless ad hoc network, where the action of a single user may affect the overall conditions. The effect of network congestion on streamed video quality has been discussed in our previous work 151, where a congestion-minimized multi-path routing scheme is proposed to make efficient usc of the bandwidth. In this paper, wc emphasize the video distortion model, and present additional experimental results which confirni its validity.
T h e rest of the paper is organized as follows. In the next section, we present a video distortion modcl which captures the influence of both the encoder performance and network congestion. In Section 3, we briefly describe the congestion-optimized routing schcme, used in our experiments, for video streaming over ad hoc networks. Simulation results for two video sequences are presented in Section 4, where we discuss the impact of different parameters on the reconstructed video quality.
VIDEO DISTORTION MODEL
For live video streanring applications, video packets are transmitted over the network and need to meet a playout deadline. Decoded video quality a t the receiver is therefore affected by two factors: encoder coinpression performance and distortion due to packet loss or late arrivals. Assuming an additive relation of these two independent factors, a video distortion niodel can be derived based 011'131.
With the Alean Sqimrerl Error (MSE) criterion, clistortioil of tlic decoded video is:
The encoder distortion may be rnodelled by :
where R is the rate of the video stream, and the parameters Do, 0 and Ro are estiniated from empirical ratedistortion curves via regression techniques.
In addition, we suppose, as in [3] , that QoSs is linearly related to the packet loss rate :
where the scaling factor K depends on the encoding structure, e.g., the ratioof intra-coded blocks, and Piozs reflects the combined rate of random losses and late arrivals.
In the M/M/l model, the delay distribution of packets on a single link is exponential :
Prob Delay > T = eFXT, (4) 
where X is determined by the average delay:
In ( 5 ) , C is the capacity of the link, R is the rate, and L is the packet size. The case that we consider differs from this scenario: video packets are sent a t regular intervals over multiple network paths, each composed of multiple hops. Nevertheless, we suggest modelling the distribution by an exponential :
in which case C' and L' are determined empirically. Together with a random packet loss rate P, due to transmission errors, the total packet loss rate is:
R, ,
where T denotes the maximum delay allowed for each packet, due to its playout deadline. Combining (1)-(7), the received video distortion can be expressed as:
The proposed formula models the impact of the rate on the video distortiorr. At lower rates, reconstructed video quality is limit,ed by coarse quantization, wherea a t high rates, the video traffic leads to higher network congestion, hence more packet drops due to delays and reduced reconstruction quality. For live video stcaning in a bandwidtlr-limited environment, we therefore expect to achieve maximum decoded quality for some internrediate rate.
CONGESTION-MINIMIZED MULTI-PATH ROUTING
The problem of coiigestioii-optiniized routing on a generic network llas been studied extensively, sec, e.g.
[a]. In [5] , we analyze thc benetits of such schenies for low latency video streaming nnd focus in particular on optinial traffic partitioniug over a set of predetermined paths. This problem has a low complexity convex fornrulation and can be solved efficicutly to the global optimum. This type of routing has two main advantages. The use of iniiltiple paths in a bandwidth-limited network allows the video to be transmitted a t a higher rate, without overwhelming an individual link. When the set of routes is not independent, congestion-optimized traffic partitioning still achieves efficient bandwidth utilization and outperforms heuristics such as load balancing. The benefit of multi-path routing observed in [5] is different from the increase in robustness provided by combining path diversity and multiple description coding, which initially motivated multi-path video streaming
In the experimental results presented in the next section, we will use the congestion-optimized traffic partitioning scheme. As an example, Fig. 1 [GI.
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SIMULATION RESULTS
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Sinmlations are performed over the 15-node network described in Section 3 using the network siniiilator ns-2 (71. Video traffic is streamed from Node 1 to Node 5. We nse the Constant Bit Rate (CBR.) model in ns-2 for video traffic and assume each frame fits in one packet. Cross traffic is specified as a random process, occnpyiiig n p to 50% of the capacity on each link, with exponentially distributed packet sizes and arrivals. We Fignre 2 illnstrates how the rriodel parameters are determined. The fit of tl!e encoder distortion is sliowri for a G O P length of 15. The alignment of erripirical points in the second graph of Fig. 2 justifies the exponential model chosen for the delay distribution. These results are obtained for streaming the video packets over 3 paths as described in Section 3; the playout deadliric is 350 ms. Similar observations are made for different numbers of paths, GOP lengths and playout deadlines. The encoder distortion parameters D O , Ro and 0, are sequence dependent and can be estimated offline separately from C' and L' which only depend on the network condition. This is also true for the sensitivity to packet loss, &. Figure 3 shows the tradeoff between decoded video quality and transmission rate for both sequences.
Video packets are streanied over 6 paths and the playout deadline is set to 350 ms or 500 ms. In all the curves, thc low rate regioii follows closely the encoder ratedistortion performance as few packets experience excessive delays. When the rate exceeds a certain threshold the decoded video quality quickly degrades,
as predicted by the model. For a shorter playout deadline, the system is more susceptible to congestion and this degradation occurs at lower rates. The sharpness of the degradation depends on the quality of the error concealment performed in the case of packet loss.
Due to the motion in the Forenian sequence, errors are more difficult to conceal than in the Mother and Daughter sequence. Therefore, the quality drop beyond the optimal operation point is sharper. Rate-distortion performance for live video streaming using 3-path optimal routing and different coding structures, with 1% of random packet loss but are less resilient t o network congestion at high rates. Note that for any given quality, t h e minimum rate is always achieved by encoding the video with longer GOPs. This does not hold when a random packet loss rate of 1% is introduced on each path as shown in Figure 5 . At very low bit rates, there is no loss due to congestion and the best G O P length is 25, as this stream is encoded with the highest efficiency. As the rate increaxs, however, the video stream with the longest GOP suffers most severely from packet drops, whereas the intermediate GOP length of 15 achieves the hest tradcoff between coding efficiency and robustness against network congestion. For the two sets of experiments, tlie model parameters are the same and can predict tlie performance of tlie different coding structures.
CONCLUSION
We propose a video distortion inodel for live vi&-streaming in wireless ad hoc networks. The model incorporates contributions from both encoder distortion and packct loss due t o congestion. In this context the optimal operating bit rate is the one for wlricli the coiiiprcsscd video stream achieves highest quality without creating significant congestioii 011 thc network. Expcriineiital resnlts for two sequences arc presented for different numiber of p t h s , loss rates, coding structures and playout deadlines. The model captures the influence of these different parameters and can be used to predict the end-to-end ratedistortion performance.
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